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571 ~ ABSTRACT

A discrete-time analog filter for eliminating a variable

frequency carrier of an amplitude-modulated signal.

The filter comprises a plurality of unit delay circuits,
each of which is sampled at a rate which varies in pro-
portion to the frequency of the carrier so as to automati-

cally tune the filter’s reject band to follow the carrier
frequency.

6 Claims, 6 Drawing Figures
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1

SAMPLE-AND-HOLD HYBRID ACI‘ IVE RC
FILTER

The government has rights in this invention pursuant

d

- to Contract No. F29601-78-C-004 awarded by the Air

Force Contracting Center, Klrtland Ailr Force Base,
N.M. 87117. ' |

BACKGROUND OF THE INVENTION

Various techniques are available for ehmmatmg the
carrier frequency of an information carrying amphtude
modulated signal. Such filters find common use in com-
‘munication systems such as radio and television as well
as many other systems where it is desired to re_]ect a
band of frequencies.

One type of filter involves simple R-C circuits and
operational amplifiers in various forms. For example, an
~ amplifier with resistance connected from the source to
its input and a capacitor connected in parallel between

10

2

input resistance uniquely controls a specific filter pa-
rameter without interaction as is usual in conventional
filter de51gn

- DESCRIPTION OF THE DRAWINGS

FIG. 1 shows a linear 31gnal flow graph for the cir-
cuits of FIG. 2;

FIG. 2 111ustrates a schematic/block diagram of the
filter of the present invention:

FIG. 3 illustrates a typical sample-and-hold circuit

- capable of being used in the present invention;

15
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the input and output of the amplifier may, for any fre-

quency or more precisely for a band of frequencies,
reduce a desired band of high frequencies. Such a cir-
cuit 1s called an active integrator and is used qu1te com-
- monly. The attenuated band of frequencies is fixed by

the selected parameters. If another band of frequencies

is to be rejected, the values of the components must, of
course, be changed to provide the desired response.
~Another type of filter is a band reject filter which
may be comprised of two integrators in tandem each
actmg as a delay to give phase lag and lead at frequen-
cies determined by the parameters of the circuits, and
by combining the lead and lag voltages will null out or
reject a frequency or band of frequencies.
Innovations in the field of filters has also resulted in
the use of digital filters wherein an input signal is sam-

pled and delayed at rates dependent on the sampling

period. The actual sampling rate in these digital filters
determines the band pass or passband reject band of
frequencies. In such filters sampling the input signal
provides the delay just as the Integrator circuits provide
lag in the first two types of filters discussed above. Such
filters are discussed in a textbook entitled “Digital Fil-
ters and Their Applications” by V. Cappellini, et al.,
Academic Press, 1978,

Thus, if a partlcular incoming signal has a carrier
whose frequency varies due to some phenomenon, the
frequency which it is desired to reject will change.
Since the above discussed filters are tuned for one fre-
quency, they are inherently not capable of rejecting the
frequency caused by variation in the frequency of the
input signal.

The present invention overcomes this problem.

SUMMARY OF THE INVENTION

The present invention relates to a band reject filter
having a notch frequency which automatically tracks
the variable frequency of the input carrier signal. Essen-
tially the filter of the present invention is an active
resistance-capacitor type which is sampled at a rate
proportional to the frequency variations of the mput
signal. The filter of the present invention comprlses a
plurality of tandemly connected sample-and-hold cir-
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FIG. 4 1llustrates a timing generator for providing the

strobe pulses used by the filter of FIG. 2;

FIG. 5 is a timing diagram useful in explalmng the
timing generator of FIG. 4; and

FIG. 6 is a timing diagram useful in explammg the
ﬁlter of FIG. 2.

DESCRIPTION |
FIG. 1 1s a linear signal flow diagram illustrative of

- signal flow in the filter of FIG. 2.

- The teedback loops and feedforward paths defined by
appropriate resistances independently control the trans-
fer functions of the system (output/i Input vs. frequency).

IThus the filter’s natural frequency is controlled by b,

1.e., by the resistor Rb—1in the outer negative feedback
loep The quallty factor or damping of the filter is con-
trolled by a, i.e., by the resistor Ra—! in the inner posi-
tive feedback loep The notch frequency is controlled
by d, 1.e., by the feedforward resistor Rd—!. The notch

“depth is controlled by c, i.e., by feedforward resistor

Rc—1. The d.c. gain Hy)and 51gnal level dynamic range
of the filter is controlied by the resistors Ra—1 and Rp.
These parameters are summarized in Table 1.
Referring now more particularly to FIG. 2, there is
shown the filter of the present invention. It comprises a
differential amplifier 12. The amplifier 12 has an input
terminal 11 connected to the negative or inverting input
of differential amplifier 12 through resistor Rda—!. The
amplifier 12 has a feedback resistance R12 connected

~ between the output and input of amplifier 12.

435
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cuits which are strobed at a rate dependent on the fre-

quency of the carrier. The filter of the present invention
also includes two feedback and three feedforward loop
resistors whose values are chosen to form the appropri-
ate coefficient weights. Each of these resistances plus an

65

The output of amplifier 12 is connected to the mput
zero-order-hold or sample and hold circuit 21. The
output of sample-and-hold circuit 21 is connected to the
input of sample-and-hold circuit 22 whose output is-
connected to the input of sample-and-hold circuit. 23.:
The output node N1 of sample-and-hold circuit 23 is
connected to the input of amplifier 12 in a negative
feedback connection through resistor Rb—!. This loop
1s the degenerative feedback loop of the system that
controls the filter’s natural or center frequency.

The output node N2 of sample-and-hold circuit 22 is
connected via positive feedback loop to the input of
amplifier 12 through resistor Ra—!. This connection is
made through the inverting or negative input of differ-
ential amplifier 13 so as to provide quality factor or
damping control.

‘The output node N2 of samplel-and-hold circuit 22 is
also connected via the inverting input of amplifier 14
and resistor Rc—1to the inverting input of amplifier 15.
This connection controls the notch depth. -

The output node N1 of samplel-and-hold 23 is con-
nected to the inverting input of amplifier 15 in the feed-
forward path through resistor Rd—!, which controls
the notch frequency.

The output N3 of samp1e~end hold circuit 21 is also

connected to the inverting input of amplifier 15 through

resistor Re—!. Resistor Re—! is a feedforward resistor
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which provides cancellation of the in-phase component
of the signal that may be left over after quadrature
cancellation.

The amplifiers 13 and 14 function only to change the
signs of their respective inputs to provide the appropri-
ate signs of coefficients. The unnumbered feedback and
input resistors are equal and provide a gain of —1.

The amplifiers 12 and 15 provide the weighted sum-
ming operation of the invention. The amplifier 12 sums
the input signal and the negative feedback signals to

provide control of the feedback loop which controls the-

frequency response characteristics of the filter by ad-
justing cut-off frequency and quality factor.

The amplifier 15 performs the summing in the filter
output to obtain the desired null or notch characteristic
by voltage vector cancellation.

The input resistor Ra—1, which is connected directly
to the input of amplifier 12, is chosen so as to enable the
signal to attain its maximum value without creating

10

15

saturation of any of the amplifiers within the circuit of 20

FIG. 1.

The output of amphﬁer 15 is fedback to its input via
resistor RB which scales the overall gain to unity. The
output of amplifier 15 is connected to the output of

sample and hold circuit 24. The output terminal of sam- 25

ple-and-hold circuit 24 provides the desu‘ed filtered
output of the filter.

As indicated each of the sample-and-hold circuits 21,
22, 23 and 24 is strobed by pulses generated and timed in
a manner to be described herein below. The frequency
at which the sample and hold circuits 21, 22, 23 and 24
are strobed determines the band reject or notch fre-
quency for which the filter is tuned.

As will be seen more clearly herein below, variation
in the strobe rate causes the notch frequency of the filter
to change. Thus, by varying the frequency of the strobe
pulses in proportion to the variations in the carrier fre-
quency the notch frequency is caused to track the car-
rier frequency. This insures that the filter 1s always
appropriately tuned to eliminate the carrier frequency
leaving only the information carrying envelope.

FIG. 4 illustrates the strobe pulse generator used in
conjunction with the filter of FIG. 1. It generates four
strobes which together form a period T, defined by the
reciprocal of the carrier frequency. Therefore, as previ-
ously pointed out, the period of the strobe will follow
the carrier “frequency period”.
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The strobe pulse generator of FIG. 4 comprises a

phase-locked-loop 25, e.g., Model NES64 obtainable
from the Signetics Corporation. The input to the phase
locked loop 25 is the signal containing the variable
carrier frequency to be rejected. The output of the
phase-locked-loop 25 is fed back to its input via tandem
frequency divider 26 and 27 which divides the output
frequency by 64 thereby causing the output frequency
of 25 to be 64 times the input.

This output provides the clock which i1s connected to
a four stage shift register 28 and as one input to each of
AND gates 29, 30, 31, and 32.

In addition to the divide-by-sixteen output of divider
26, two additional output terminals are fed to AND gate
33. The first output terminal provides an input to AND

50
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gate 33 which is the output frequency of the phase-

locked-loop 25 divided by two or thirty-two times the
65

input frequency. The second output terminal provides
an input to AND gate 33 which 1s the output frequency

of the phase-locked-loop 25 divided by four or sixteen -

times the mput frequency.

4
These two outputs are AND ed in AND gate 33
causing the shift register 28 to provide output pulses A,

B, C, and D from the shift register at the clock rate
which is 64 times the input frequency. These output

pulses are provided to AND gates 29, 30, 31 and 32

where they are gated by the clock pulses to provide the
four strobe pulses spaced one quarter of the period T.

The phase-locked-loop 25 consists essentially of a
phase detector which compares the frequency of a volt-
age-controlled-oscillator with that of the carrier input.
The output of the phase detector is fed back to the
voltage-controlled-oscillator to keep it exactly in phase
with the input frequency. Thus, the output of the phase-
locked-loop 25 is a frequency which precisely follows
the input frequency making it possible to use it as the
clock to generate the strobes for the sample—and-hold -
circuits whose frequency varles with the input carrier
frequency.

FIG. 5 shows a timing diagram illustrative of the
operation of the timing generator of FIG. 4.

The first line of the diagram of FIG. 5 represents the
clock pulse which is the input carrier frequency squared
and multiplied by sixty four.

The second line is the first input f1into AND gate 33.

The third line is the second input to AND gate 33.

The fourth line is the output f;-f> from the AND gate.

The fifth line is the output from shift register 28
which is fed to AND 29 to form with a clock pulse the
first strobe pulse or strobe 1 shown in the sixth line of
the timing diagram. The purpose of AND ing the out-
put of the shift register 28 with a clock pulse is to pro-
vide strobe pulses which are separated to avoid the
possibility of overlapping. This is easily seen from the
timing diagram of FIG. §. |

Also, as seen from the timing diagram, strobe 2 1s
obtained by AND ing the B output of shift register 28

with a clock pulse.
Strobes 3 and 4 are obtained by AND ing the C and

D output pulses from the shift register 28 with succeed-

‘ing clock pulses. This cycle continues with four strobes

being generated with a period T. By using the input
carrier frequency to form the clock pulses and there-
fore, the timing base, it is seen that the frequency or
period of each set of strobes follows the carrier fre-
quency. These strobes gate the sample-and-hold-circuits
21, 22, 23 and 24. Strobes 1 and 2 gate sample-and-hold-
circuits 21 and 24, respectively. Strobes 3 and 4 gate
sample and hold circuits 23 and 22, respectively. The
sequence is chosen as follows:

(a) Strobe 1 samples the input and associated feed-
back voltages at nodes N2, N1 at time t=NT, into sam-
ple-and-hold circuit 21 (where N is an arbitrary inte-
ger).

(b) Strobe 2 outputs any previously held data in sam-
ple-and-hold-circuit 24 at time ¢=(/N4-0.25)T.

(c) Strobe 3 causes sample-and-hold circuit 23 to
deliver its output to sample-and-hold circuit 24 via.
amplifier 15 at time t=(/N+0.5)7, thereby enabling
sample-and-hold circuit 23 to receive data from sample-
and-hold circuit 22 one period later at time
t=(N+1.5)T.

(d) Strobe 4 enables sample-and-hold circuit 22 to
receive the output of sample-and-hold circuit 21 at time
t=(N+0.75)T. This voltage was stored in sample-and-
hold circuit 21 at time t=NT and is therefore T seconds
old or delayed. |

FIG. 3 illustrates the essential elements of a typical
sample-and-hold circuit. It comprises an electronic
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switch, 1.e., a ﬁeld effect transistor 35 of the MOS type,

a capacitor 36 connected between the MOSFET tran-
sistor 35 and ground, and two buffer amplifiers 38 and
39. The transistor 35 is normally open so that when it is
pulsed by a strobe it closes to quickly charge the capaci-
tor 36 which retains the charge or voltage of the signal
after the strobe vanishes. When the transistor 3§ is
strobed again one period later the capaeltor 36 charges
or discharges to the voltage level of the input signal at
the new instant of sampling.

A feature of the present invention is that the capael-»
'tors of each of the sample-and-hold circuits are equal
which is not the case in other type filters. This feature
makes the filter compatible to IC design. The feedback
and feedforward weighting resistors can be external to
‘the filter as a chip, and are user-selectable to allow
a]rnost any specific filter characteristic.

For the purpose of explanation specific parameters of

the filter have been chosen. It should be noted, how-
ever, that other values may be selected to prowde dif-
ferent frequency response characteristics.

~ The sampling rate is chosen to be 16 times the nomi-

nal notch frequency to provide a sufficient number of

samples per data period. The following specifications
have also been chosen for purposes of explanatlon and
were used 1n a praetlcal embodiment:

“notch frequency=13.5 kHz.
| quallty factor =1 |

d.c. gain or Ho)=1
. 31gnal level =20 volts, peak-to-peak.

5

| Z2 - Z(écosmgﬂ +1 (5)
22 — ze—§woT(2cos0,T 41' — 2 ) 4 e—2woT

H,

which possesses real coefficients.

Comparing equation (5) with equatlon (1) reveals the
design parameters for the filter resistors:

10

15

20
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A straightforward analysis of FIG. 2 yields the biqua-

dratle Z- transformed transfer functlon

)
. Hz) = H, (i.:_cm_)
—aqz <+ b

where H,=
defined.
For the notch filter which was designed, the second-

~order frequency domaln transfer function, H(S), 1
known to be

af3 and a, b, e, d and e have been prevlously

H(S) Ho $‘2.+ (ﬂnz -52 + woz (6)
= p” =—-—-———_|_2- .
52+'“5LS_+£H92 52+2§mﬂ3_+03ﬂ

@ a5

33

where Wois 27 times the notch 'frequeney and £ is the

damping ratio equal to one half of the inverse of the
quality factor. Eq (2) may' be factored to

H(S) = | . - Hn (s + jwo)s — ] ma) (3)
(s + ewu +ﬂﬂa N1 — 52 )(s + &wa—-.;ma \h — &)

The numerator. factors are the. ZEros and the denornma-
tor factors ‘are the poles.

Using the transformation z= =esT maps the zeros and
poles from the S-plane to the z-plane, forming th_e
pulsed transfer funetlon a R

(z — e‘”g‘“ﬂrexp --jaiﬂ J 1 — EZT )(z

If the fa_etors* are. multiplied togﬂth.e_r. in the numerator
and denominator the result is |

50

33

a = Ze“‘f“’”Toos(mng)
b = e-—-ZEmaT |
c = 2¢osmﬂT |
d=1
I e=1
o af = H, '

The remprocals of these a, b C, d and e parameters

“are the fixed resistor values scaled by a convenient

constant. As a result, w,T is equal to a constant. Herein

- lies the tracking ability of the filter. As stated earlier

1 . o
f (sampling) = T = 16 fo = 16 (—2——-)
SO that
wol = 'g_‘ (7)
Therefore, as T tnereases, w, will automatically de-

-crease keeping the product w,T equal to a constant.

From the specification,
mt,:zw(ls;-s KHz)=84825 rad/sec
and -
Q= -5"—"_'0-.5
which when substituted into equation (5) yields:

| _ 22 — 1.8487 + | ) .
HZ) H"( 22 — 1.549z 4 0.6752

At dc, which corresponds to z=1, the transfer func-
tion is to have a gain of unity. But H(1)=1.204 and
therefore a scale factor of Hy=1/1.204 =0.8306 must be
incorporated into eq. (8) or

' T 2 _ 1848z + 1 )
— 0. ——t 18482 - 1
_H(z) | ° 8306 [ 7% — 1.549z + 0.6752 ]

60 This transfer function allows us to assign values to a,

(4)

"EmﬂTe!"’” exp jwoT \ll - £)

b C, d e, and select res:stor values for the circuit in

FIG. 1. With R=10K, to minimize offsets in the op-
amps, | |
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7
B R ..
| | | " Ra~ V=646 Kohms - -

Rb—! =14.81 Kohms -~ .~

Rc—1 = 541 Kohms =
Rd—! = 10 Kohms = -
Re—1 = 10 Kohms

Ra—1=10 Kohms -

RB= 8.306 Kohms .

(Closest standard 1% values were used)

WAVEFORM DESCRIPTION OF OPERATION

R scaled end delayed by two clock cycles Iwhereas the
- output of N2 contains the input delayed by one cycle
plus the mput ‘delayed by two cycles. These - delays

imply memory so that the addition of input with itself

 delayed appmprlately can result in a null or ﬁItered

- output

The following is a description of the operation of the

filter of the present invention utilizing the wave forms |

shown in FIG. 6 and schematic of FIG. 1. |
Assume all node voltages, Nl, Nz, N3 and the output

~ are 1nitially at zero. -

- Attime t=0, strobe 1 occurs causmg the mput sample

voltage A, scaled by —a due to amplifier 12, to appear

at the output of sample-and-hold circuit 21.
At time t=T./4, one quarter of a carrier period later

N3 1s held at- —aA but scaled by 8 due to amplifier 13.

- The voltages N and N; are still zero so that they do not.

~ contribute to the output at this time.

- Attime t=T./2, strobe 3 samples sample-and-held 23
and produces no output at node voltage N since node

voltage N3 is still zero. The need to sample sample-and

hold circuit 23 before sample-and-hold circuit 22 is so

- that the unit delays of the SIgnal w111 proceed from left
to . right.

At time t=% T, strobe 4 causes the output of sample-
and-held circuit 22, node N3 to obtain node voltage N3,
the previous output of sample-and-hold circuit 21, i.c.,
—aA. Note that although the outputs of amplifier 12
and 15 are changing during strobes'3 and 4 there are no
- changes in node voltages N3 and the output because the
sample and hold circuits 21 and 24, respeetwely, are
open. :

At time t—Tc, one carrier period later, strobe 1 input
occurs again. This time amplifier 12 sees a new input
sample voltage B, voltage A at the output of amplifier
13, as well as zero volts due to node N1 from previous
cycle. Consequently, the output of sample and hold
circuit 21 or node N3 is —a times the sum of the new
sample voltage B plus aA due to resistor Ra—!. This
sum is —aA(a+-B/ A) which for the case shown i is more
negative then —aA since B>A>O0.

At time t=(5/4)T,, strobe 2 again appears producmg
an updated output which is — 8 times the welghted sum
of voltages N1, N3, and —N2. The'latter sign differing
because of amphﬁer 14. The corresponding weights are

d, 1, and ¢ due to their associated resistors. Conse-

quently, the output becomes A(a+4[B/A]—c). Now for
the case shown B A. But when B=A, implying no data
change in the input signal, if c=a then the output is
caused to stay constant, which indicates that the carrier
has been rejected completely. Thus, for any data input
- the output will only yield the 1nput SIgnal quantized, but
with no carrier present. - |

The present mventlon is an active RC ﬁlter How-

o -ever instead of having a fixed bandreject, its bandreject

is automatically variable with the input frequency. Sam-

pling and the use of sample and hold circuits makes this
" possible. An analogous circuit mlght be an RC circuit
‘where the capacitor or capacitors in the circuit were

variable in accordance with the outside signal to be

- filtered. The variable capacitors would produce the
15

necessary variable phase lags and leads to effect signal

- cancellation. For the present circuit herein, the use of a
~ variable clock frequency causes the same necessary

.20
~ strobe 2 samples the output of sample and hold circuit
- 24. The output voltage will be a8 A since node voltage

25
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The relation for the coefficients to obtain no carrier is

not exactly c=a because the example has not.reached a
steady state yet. The actual relation is close however,
and was obtained by Z- transform method of signal
processing in the design example section (see eq. 9).
Strobe pulses-3 and 4 at times t=(3/2)T.and (7/4)T,
simply relay the voltages N2 and- N3 into voltages N1
and N2, respectively. Thus, the output of N1 is the input

65

phase lag and lead for cancellation thereby negatmg the
need for variable capacitors. |

As mentioned above, the present 1nvent10n was illus-

“trated using a specific set of parameters. The notch is

variable within limits. The upper frequency limit is half
the sampling frequency which is one fourth'the maxi-

‘mum clock frequency permitted. The lower limit is d.c.

In addition, other types of filters, e.g., low pass, high .
pass and band pass may be obtained by changing the
resistor values in accordance with filter coefficients.
Tables I, II and III are included below to show the
flexibility of the present. invention. L

"TABLE I

FILTER PARAMETERS, COEFFICIENTS, AND
CONTROLLING RESISTORS .

Controlling Centre]llng |
Filter Parameter Coefficient Resistor
Natural Frequency, f, b ~ Rb—
‘Quality, Q . a Ra—1
Notch Frequency, f, o.d Rd—1
~TABLE II

Z-DOMAIN TRANSFER FUNCTIONS
Filter Type - H(Z)

Low Pass 0.1262 .
- Z%— 1.549Z + 0.6752
ngh Pass ' | .Zz — 2Z + 1 |
| | Z2 — 1.549Z + 0.6752
Bandpass - __ —03195(Z — 1)* |
72— 1.549Z + 0.6752
Bandreject | Zz — -1.8482& . l. |
- Z? — 1.549Z + 0.6752
All Pass 72 _ 22957 4+ 1.481

| Z? — 1.549Z + 0.6752 ..
*NOTE: An additional 180" of phase shift is added to utilize existing hardware.

- TABLE IIT .
__RESISTOR VALUES FOR FILTER TYPES

Type Ra—! Rb-! Rc—-! Rd-! Ra-! R Re—!
Low Pass 646 K 148K o I0OK 10K 126K
High 6.46 K - i4 3 K 5 K 100K 10K 10K I0K
Pass | o | ' |
Bandpass 6.46 K 14 8 K 10 K 10K 10K 320K o0
Band- 646K 148K 541K 10K 10K 831K 10K
reject - .. . S e Ty
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sible in light of the above description which should not

be construed as limiting the invention beyond the limita-

tions set forth in the claims whleh follow:
What is claimed is: | R

1. A circuit for ellmlnating a variable carrier fre-
~ quency from an lnpl.lt data mgnal compnsmg in combl-_-

natlon

filter means automatleally tunable to prowde a vari-
able frequency reject band comprising first, sec-

nected in tandem,

10 -
ond, third and fourth sample-and-hold c1rcu1ts con- ...

~ input means providing sald input data s:gnal to said

first sample-and-hold circuit, -
first means automatically tunlng said filter means to
vary the frequency reject band in accordance with

15

variations in the carrier frequency to eliminate the

carrier frequency from the input data signal,
said first means cemprlslng strobe pulse generatlng
means, |

20

said strobe pulse generatmg means mcludmg second

. means causing the period of the strobe pulses to

vary proportlonate]y to varlauons in the carrier.

- frequency, | -

thlrd means connecting said strobe pulse generator
means to said filter means to cause said first, sec-
ond, third and fourth sample-and-hold circuits to
be strobed first, fourth, third and second respec-
tively. |

2. A circuit aecordlng to claim 1 including,

first differential amplifier means, |

‘negattve feedback circuit means connected between

~the output of said third sample-and-hold circuit and
the inverting input of said first differential amplifier
means, |

positive feedback circuit means ‘connected between
the output of said second sample-and-hold circuit

and the inverting mput of sald first differential
amplifier means, |

‘second differential amplifier means connected be-
tween said third and fourth sample—and-hold Cir-
cuits;

first feedforward circuit means . connected between
the output of said second sample-and-hold circuit

and the inverting input of sald second dlfferentlal
amplifier means, |

second feedforward circuit means connected be-
tween the output of said first sample-and-hold cir-

cuits and the inverting input of said second differ-
ential amplifier means.

3. A circuit according to claim 2 wherein,
each of said positive feedback circuit means and said
first” feedforward circuit means mcludes an in-
verter, and, |
said second differential amplifier means lncludes a
‘negative feedback circuit.
4. A circuit according to claim 3 wherein said strobe
pulse generating means comprises,
~ a phase locked loop connected to receive the input
data signal and providing a clock pulse output
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proportional to the frequency of sald carrler fre-

quency,
ﬁrst second, thll‘d and fourth AND gates,
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a shift register having four output terminals each of
‘which 1s connected to a respective one of said first,
second, third and fourth AND gate,

means connecting the clock pulse output of said
phase locked loop to said shift register and each of
said first, second, third and fourth AND gates,

~ fifth AND gate means having an output connected to

~said shift register,

| dlwder means connected between the output of said -

phase locked loop and said fifth AND gate provid-

ing first and second inputs to said fifth AND gate

~equal to one half and one fourth of the elock pulse
frequency, respectively. |

5. A circuit according to claim 4, wherein each of

'said sample and hold circuit means comprises,

‘a normally open field effect transistor having a gate
electrode connected to receive one of said strobe
~ pulses and a source electrode, |
a capacitor connected between ground and the drain
electrode of said field effect transistor whereby
said capacitor is charged or discharged to the level
of voltage at the source electrode whenever said
field effect transistor is closed by a strobe pulse.
6. A circuit for eliminating a variable carrier fre-
quency from an input data signal, comprising in combi-
nation, -
filter means automatically tunable to provide a vari-
able frequency reject band comprising first, sec-
ond, third and fourth sample-and-hold circuits con-
nected in tandem, |
input means providing said input data signal to said
first sample-and-hold circuit, |
first means automatically tuning said filter means to
‘vary the frequency reject band in accordance with
variations in the carrier frequency to eliminate the
carrier frequency from the input data signal,
said first means comprising strobe pulse generating
means for providing strobe pulses to sample each of
said sample-and-hold circuit in a predetermined
sequence,
said strobe pulse generating means 1nclud1ng second
means causing the period of the strobe pulses to
vary proportionately to vanatlons in the carrier
frequency, |
first differential amplifier means,
negative feedback circuit means connected between
~ the output of said third sample-and-hold circuit and
the inverting input of said first differential amplifier
means,
positive feedback circuit means connected between
the output of said second sample-and-hold circuit
and the inverting input of said first differential
amplifier means,
second differential amplifier means connected be-
tween said third and fourth sample-and-hold cir-
- cuits;
first feedforward circuit means connected between
the output of said second sample-and-hold circuit
and the inverting input of said second differential
amplifier means,
second feedforward circuit means connected be-
 tween the output of said first sample-and-hold cir-
~ cuit and the inverting input of said second differen-

- tial circuit amplifier means.
¥ & % &



	Front Page
	Drawings
	Specification
	Claims

